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Abstract 
The negative effects of ear-canal occlusion are dis-
cussed as are methods that have been tried to reduce 
those effects. An adaptive filtering algorithm that could 
reduce the negative effects of ear-canal occlusion is pro-
posed. Experiments and subjective listening tests are per-
formed to test its effectiveness. It is concluded that the 
algorithm can effectively reduce the body-conducted sig-
nals trapped in the occluded ear canal that escape when 
the canal is unoccluded. Before it is implemented in 
hardware, a real-time simulation of the algorithm should 
be done and several people should judge its effectiveness. 
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Introduction 
The ear canal is occluded, or plugged, whenever a 
person puts something, such as a hearing aid or earplug, 
in his or her ear. Objects worn in the ear are generally 
put there to help a person hear or to block out unwanted 
sounds, but plugging the ear also has undesirable effects. 
Those undesirable effects are known to audiologists as 
the occlusion effect. The occlusion effect and a method 
of reducing it will be described in this paper. 
The research presented in this article was done with 
the intent of improving hearing aids and will thus focus 
on how a hearing aid might be designed to reduce the oc-
clusion effect. The research could be applied, however, 
to any electronic device that is worn in the ear. An elec-
tronic earplug or receiver that fits in the ear canal could 
be designed to reduce the occlusion effect using the same 
principles described in this article. 
Occlusion Effect 
The occlusion effect is caused by sounds that are 
conducted through a person's neck and head to the ear 
canal when a person speaks, chews, or otherwise gener-
ates noises with his or her own body. When the ear is 
open, most of the sound energy that enters the ear canal 
from these sources is able to escape, but when the ear 
canal is occluded, low-frequency energy is trapped in the 
ear canal. The energy trapped in the ear is usually great-
est around 125 to 500 Hz. This makes a person's own 
voice sound louder and different as he speaks which may 
be very annoying to that person. Thus hearing aid wear-
ers often complain about the sound of their own voices 
when they wear their hearing aids.! 
In order to reduce the occlusion effect caused by 
hearing aids, vents are often added to hearing aids, or 
earmolds are made to extend deeper into the ear canal.! 
Active cancellation of the extra sound energy in the oc-
cluded ear canal has also been attempted using the output 
of the hearing aid.2,3 The existing methods help reduce 
the occlusion effect in many cases, but none of the meth-
ods appear to reduce the occlusion effect enough to sat-
isfy all hearing aid wearers. 
Algorithm 
For these reasons, a new active cancellation algo-
rithm is proposed in this paper. A block diagram of the 
algorithm is shown in Figure 1. 
The occlusion-canceling hearing aid would begin 
by processing its input s(n) as would a normal hearing 
aid. This processing would generally include breaking 
the signal into frequency bands and scaling the amplitude 
of the signal in those frequency bands to compensate for 
a person's hearing loss. The signal sh(n) would thus be 
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equivalent to the output of a normal hearing aid that does 
not reduce the occlusion effect. 
In deriving the algorithm, the author of this paper 
assumed that the path of sound from the hearing aid 
speaker to an in-the-canal microphone could be repre-
sented by a transfer function H (z). An adaptive filter 
W(z ) is used in the algorithm to model that path. 
The algorithm begins with a training period in 
which no occlusion is present. During that period, 
switch 1 is open, switch 2 is closed, and switch 3 is 
open. While switch 2 is closed the adaptive filter adapts 
using the LMS algorithm. This means that each of the fil-
ter coefficients would be updated according to the equa-
tion 
wm(n + 1) = wm(n) + f.Lf(n)x(n - m), (1) 
where n is the time-sample index, Wm refers to the mth 
coefficient of W(z), f.L is a small constant determining 
step size, and f(n) is an error term fed back to control 
adaptation.4 
The difference micin(n) - y(n) is called 8(n) and 
is fed back to the adaptive filter to guide its adaptation. 
It is used as f(n) in equation 1. At the end of the train-
ing period, the output of the adaptive filter y(n) approxi-
mates micin( n) the input to the in-the-canal microphone 
of the hearing aid. Since switch 1 and switch 3 are 
open, the adaptive scalar W2 (z) is held constant and the 
speaker output sp(n) is equivalent to sh(n). 
After the training period, switch 1 and switch 3 
are closed and switch 2 is open. Thus the adaptive filter 
ceases adaptation and 8( n) serves as a preliminary es-
timate of o(n), which is a signal representing the extra 
sound energy in the ear canal due to the occlusion effect. 
This preliminary estimate of o( n) is then mUltiplied by 
an adaptive scalar w2(n) which adapts to compensate for 
the gain of the transfer function whenever the adaptive 
filter is not training. The scalar adapts using the LMS al-
gorithm also. The error signal e(n) = micin(n) - Sh (n) 
is used as f(n) in equation 1 because when the signal in 
the ear canal is approximately equal to the signal that 
would be output from a normal hearing aid, the occlu-
sion effect will have been reduced significantly. The 
occlusion estimate 82 (n) is then subtracted from s h (n) 
to form the speaker output sp( n). That speaker output 
can reduce the occlusion effect because of the estimate 
that is subtracted from the speaker output. Subtracting 
the occlusion estimate from the output is mathematically 
equivalent to adding a second speaker that outputs a sig-
nal nearly equal and opposite o(n) (1800 out of phase 
with o(n)). 
The signal Sec (n) represents a signal at a point in 
the ear canal near the hearing-aid speaker. This is used 
as the output of the algorithm because it does not include 
the effects of the transfer function H(z) and someone 
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Figure 1. Algorithm described in this paper 
listening to it would be able to tell if the occlusion sig-
nal were reduced. The transfer function H(z)-l is an 
approximate inverse of H(z). When included in the al-
gorithm, it modifies o( n) to compensate for the gain of 
H(z). 
Experiments 
Three experiments were performed to test the algo-
rithm.5 For the experiments, a signal representing the 
occlusion signal o( n) was either created artificially or 
recorded, and the algorithm was tested on a computer 
to see if o(n) could be canceled. In all three of the ex-
periments, the hearing aid processing was set for unity 
gain or omitted so a normal-hearing person could tell 
how well the occlusion signal was reduced. 
Reducing Artificial Occlusion 
For the first experiment, the transfer function H(z) 
was chosen to have an impulse response similar to that 
of a delta function or a decaying exponential function. 
The algorithm was then tested on a computer. Dur-
ing the training period, s(n) was a white noise signal and 
o( n) was silence. After the training period, a speech file 
was used as s(n). Because the occlusion effect is a low-
frequency phenomenon, the signal o( n) was generated 
from the speech file by bandpass filtering the speech file 
with a filter that had a center frequency of 250 or 500 
Hz, and then lowering the pitch. Gain was added so the 
artificial occlusion was exaggerated and could be heard 
well when mixed with s(n). 
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The experiment was repeated using various trans-
fer functions, speech files, and artificial occlusion files. 
A listening test was then created to determine how well 
the algorithm canceled the artificial occlusion. For the 
test, 7 listeners sat in a double-walled sound suite at 
Brigham Young University and listened through ear-
phones to three types of signals. They were asked to 
rank the naturalness of the signals on a scale of 1 to 
10, 10 being the most natural. The three types of sig-
nals were unoccluded, occluded and processed, and oc-
cluded and unprocessed. The unoccluded files consisted 
of speech alone. The occluded and unprocessed signals 
each contained a speech signal mixed with an artificial 
occlusion signal which was generated by bandpass filter-
ing and lowering the pitch of that speech signal. The oc-
cluded and processed signals contained the output Sec (n) 
of the algorithm when a speech file represented s(n) and 
an artificial occlusion signal represented o(n). 
The results of the listening test are summarized in 
Tabl~ 1. In most c!lses, the gain error introduced by H (z) 
was Ignored and H (z) -1 was set equal to one. When this 
was the case, the files processed with transfer functions 
that had magnitudes approximately equal to one were 
judged to sound more natural than the transfer functions 
with magnitudes unequal to one. The author attributed 
this to the lack of compensation for the gain of the trans-
fer function. 
Since the adaptive scalar adapts to cancel o( n) af-
ter the output of the hearing aid has been modified by 
the transfer function H(z), the estimate of o(n) being 
output from the speaker was not large enough to cancel 
Table 1 
Average rankings of naturalness of word lists that were (a) unoccluded and unprocessed, (b) occluded with artificial 
occlusion and processed with the algorithm proposed in this paper, and (c) occluded with artificial occlusion but not 
processed with the algorithm proposed in this paper. Seven people participated in the listening test that produced these 
results. The variable noise refers to random numbers added to the 2nd to 24th coefficients of h(n}. When the transfer 
function was "compensated" the occlusion signal was multiplied by a gain-compensation factor 
(a) 
Unoccluded and Unprocessed Word List 
Word List Read By Female Word List Read By Male 
10 9 
(b) 
Word List Occluded With Artificial Occlusion and Processed With Algorithm 
Transfer Func- Occlusion Signal Created Using Occlusion Signal Created Using 
tion Used In 250 Hz Bandpass Filter 500 Hz Bandpass Filter 
Algorithm Rep- Word List Read Word List Read Word List Read Word List Read 
resented By By Female By Male By Female By Male 
h(n)= 
J(n) 9 6 
J(n) + noise/100 10 6 
2-n (compensated) 10 
2-2n 4 3 
J(n) + noise 4 3 
2-n 3 2 
(c) 
Word List Occluded With Artificial Occlusion But Not Processed 
Occlusion Signal Created Using Occlusion Signal Created Using 
250 Hz Bandpass Filter 500 Hz Bandpass Filter 
Word List Read Word List Read Word List Read Word List Read 
By Female By Male By Female By Male 
4 2 
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o( n) at the speaker. This theory was tested by including 
a sound file in the listening test that included a more re-
alistic estimate of iI (z) -1. Since the artificial occlusion 
was narrow banded, iI(Z)-1 was defined as 
1 
IH(z)lw=2111o' (2) 
which represents the inverse of the magnitude of the 
transfer function H(z) at the center frequency fo of the 
bandpass filter used to create the artificial occlusion sig-
nal. In this equation, z is assumed to have a magnitude 
of 1 and is thus equal to ejw in polar form. 
Those participating in the listening test ranked the 
occluded and processed signals as sounding more natu-
ral than the occluded and unprocessed signals even when 
no gain compensation was made for the transfer function. 
When gain compensation was made or the magnitude of 
the transfer function was approximately equal to one, the 
processed signals sounded almost as natural as the unoc-
cluded signals. These results suggest that the algorithm 
was successful in reducing the artificial occlusion. 
Reducing Recorded Occlusion 
To generate signals for the second experiment, a 
subject sat in a double-walled sound suite at Brigham 
Young University and a probe microphone was placed in 
one of his ears. His ear was then plugged and another 
microphone was hung about 5 cm from the same ear. 
The signal recorded using the hanging microphone was 
called s(n), and the signal recorded using the probe mi-
crophone was called o( n). 
For this experiment, H(z) was chosen to represent 
a delta function. Once H(z) was chosen and the record-
ings were made, the algorithm was tested on a computer 
as in the previous experiment. 
A subjective listening test was performed by six 
people. For the test, each subject sat in a double-walled 
sound suite and was asked to compare two files played 
one right after another through headphones. They were 
asked if one file sounded better than the other and, if so, 
which file sounded better. The two files played to them, 
in random order, were the occluded and unprocessed file 
and the occluded and processed file created using record-
ings of sound inside and outside of the ear canal. 
Four out of six people judged the occluded and pro-
cessed file to be more natural than the occluded and un-
processed file. The other two people did not believe ei-
ther of the files to sound better than the other. This result 
also supports the theory that the algorithm would be ef-
fective at reducing the unwanted signals in the occluded 
ear canal. 
Reducing Recorded Bone-Conducted Signals 
In order to record bone-conducted signals for this 
experiment, a person sat in a double-walled sound suite 
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and a bone vibrator was placed on his forehead as shown 
in Figure 2. The tube from a probe microphone was 
placed in the person's ear canal and his ear was plugged 
with a perforated earplug that had a tube through it. A 
tube from a small loudspeaker was connected to the tube 
of the earplug permitting air-conducted signals to pass 
through the earplug from the loudspeaker. 
I 
Head of 
subject 
in sound 
suite 
Figure 2. Setup for recording bone-conducted signals 
Six recordings were made using the setup of Fig-
ure 2 which was just described. For all six recordings, a 
word list was played from a CD through the small loud-
speaker into the ear canal. During one recording, the 
bone vibrator was off. During each of the other five, it 
was calibrated to generate speech noise at 10, 20, 30, 
40, and 50 dB HL, respectively. Thus, the probe micro-
phone recorded an air-conducted signal alone once and 
an air-conducted and a bone-conducted signal together 
five times. 
The algorithm was again tested on a computer us-
ing those recordings. The recording of the air-conducted 
signal alone was used as s(n) of the algorithm and the 
recordings of the air-conducted and bone-conducted sig-
nals together were used to represent s (n) + o( n). In other 
words, the transfer function H(z) was assumed to equal 
one. 
The weights of the adaptive filter were forced to 
have the impulse response of a delta function so that 
W(z) = 1 when testing the algorithm using these 
recordings. Thus no training period was necessary. Also, 
since o( n) was not isolated in this experiment as it 
was previously, micin(n) was generated by subtracting 
8z(n) from the signal representing s(n) + o(n). This 
is comparable to the other experiments where micin(n) 
was created by filtering s( n) - 02 (n) with H (z) and then 
adding the result to o(n). When H(z) = 1, micin(n) = 
s(n) - o2(n) + o(n) in both cases. For this experiment 
sec(n), the output ofthe algorithm, is equal to micin(n) 
since H(z) = l. 
The sound file containing 50 dB HL of bone-
conducted speech noise and the sound file containing no 
bone-conducted signal were used to create a sound file 
that was listened to by seven subjects in a subjective lis-
tening test. The processed file and the file containing 50 
dB HL of bone-conducted speech noise were played one 
right after another in random order to the seven subjects. 
They were asked if the second file was easier or harder to 
understand than the first one and how many times easier 
or harder. They were not given an upper or lower limit on 
that judgment. The subjects said that the processed file 
was from four to one hundred times easier to understand. 
On average they ranked the processed file to be 33 times 
easier to understand than the unprocessed file. 
In this experiment, the algorithm was successful at 
reducing the bone-conducted component of a signal. The 
occlusion effect is caused by body-conducted signals, so 
these results also support the theory that the algorithm 
could be successful at reducing the negative effects of 
the occluded ear canal. 
Summary of Results 
In all three experiments, the "occlusion signal" that 
was either artificially created or recorded was reduced by 
the algorithm. When compared to unprocessed files that 
contained occlusion and another signal, the processed 
files were judged to sound more natural or be easier to 
understand than the unprocessed. When compared to a 
sound file with no occlusion present in the first experi-
ment, the processed files were sometimes ranked almost 
as natural as the unoccluded files. This was true when 
the transfer function H (z) had a magnitude very near 
one at low frequencies or when gain compensation was 
included in the algorithm. The author believes that gain 
compensation will not be a problem in a real ear canal 
because the compensation is an attempt to model what 
would naturally take place if the experiment were per-
formed real time in a real ear canal. 
Conclusion 
The experiments suggest that the algorithm could 
significantly reduce the negative effects of ear-canal oc-
clusion if implemented in a hearing aid or other device 
that occludes the ear canal. Since the algorithm uses 
adaptive filtering to model the path of sound in the ear 
canal it could reduce the occlusion effect in all types of 
ears. Before implementing it in a hearing aid, further re-
search should be done to see if the algorithm can work in 
real time. In other words, the algorithm needs to be tested 
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using signals that are not prerecorded but are recorded at 
the time of processing with the algorithm. 
Future Research 
Future research should include at least a real-time 
simulation in the ear canal. Several people should then 
judge whether or not the occlusion-effect cancellation is 
satisfactory. In addition it could include the following: 
• Determine the stability of the algorithm. 
• Find methods of improving the stability. 
• Determine how much training provides a "good re-
duction" of the negative effects of occlusion. 
• Add a signal detector to the algorithm or find 
another way to have it start and stop training with-
out user interaction. 
If these things were done, the algorithm could be 
improved and it could likely be implemented in a device 
that occludes the ear canal. 
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